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(57) ABSTRACT 

The invention relates to a method and an apparatus for 
determination of parameters for a transmission path in a 
telecommunications system by a transmitting/receiving 
apparatus having a transmitter and a receiver. In order to 
determine transmission parameters, a transmission signal is 
transmitted via the transmission path at a predetermined 
transmission power level and at a predetermined baud rate 
(f) and an echo signal is sampled. A correlation function is 
calculated from the echo signal and from a correlation signal 
in a correlation function stage, an envelope function for the 
correlation function is calculated in an envelope function 
stage, the envelope function is evaluated, and an output 
signal is produced as a function of the relative timing and 
amplitude of the line start echo and/or of the line end echo 
in an evaluation stage. 

18 Claims, 11 Drawing Sheets 
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METHOD AND CIRCUIT ARRANGEMENT 
FOR DETERMINATION OF TRANSMISSION 

PARAMETERS 

FIELD OF THE INVENTION 

The present invention relates to the field of telecommu 
nications and more specifically to determination of trans 
mission path characteristics. 

DESCRIPTION OF PRIOR ART 

U.S. Pat. No. 6.279,022 describes a system for frame 
synchronization between Asymmetric Digital Subscriber 
Line (ADSL) transceivers by detection of the boundaries of 
multitone data symbols which are transmitted between two 
transceivers. A pulse transmitted by a first transceiver but 
having a known Fast Fourier Transfer (FFT) is received by 
a second transceiver. Within the second transceiver, the 
received pulse is shortened with a Finite Impulse Response 
(FIR) filter to separate adjacent ADSL symbols thereby 
reducing potential inter-symbol interference. The bound 
aries of the received symbols are then determined. The 
received symbol signal is cross-correlated with the known 
FFT of the transmitted symbol signal to define a boundary 
detection function used to define a window for a received 
symbol of interest. By properly defining the window, energy 
from the received symbol of interest is maximized while 
interference from adjacent symbols is minimized. 
A test layout using a time domain reflectometer is 

described in Kummer "Grundlagen der Mikrowellentech 
nik” Principles of microwave technology, Chapter 9.4.2.5. 
pages 383 -385, 1st edition, published by VEB Verlag 
Technik, Berlin. 
DE 695 21 169 T2 describes a system and a method for 

discrete radar identification, with a multicarrier signal being 
transmitted repeatedly over two or more periods, and with 
matched filtering being carried out on reception. The mul 
ticarrier signal is of the OFDM type with mutually orthogo 
nal signal carriers. 
A system for message transmission by means of radio 

frequency phase-distorted pulses is known from Wilhelm 
Cauer “Theorie der linearen Wechselstrom-Schaltungen” 
Theory of linear alternating-current circuits. Akademie 
Verlag Berlin, Volume II, 1960, pages 940–944. 

Transmission parameters for a transmission path are nor 
mally determined by evaluating the signal which is received 
after the transmission of specific measurement signals. In 
this case, both ends of the transmission system must be 
connected to the measurement device. This is highly com 
plex, particularly for transmission paths with a relatively 
great physical extent. 

Methods are known in which individual pulses are trans 
mitted periodically and the echo signal at the receiver input 
is sampled in order to determine the echo impulse response. 
The desired line parameters can be derived from the echo 
impulse response by means of optimization methods. 

Since the optimization methods are highly complex, they 
are used only in situations which justify this complexity. 

SUMMARY OF THE INVENTION 

The object of the present invention is to specify a method 
and to provide a circuit arrangement in order to determine 
transmission parameters such as the signal propagation time, 
the line length and the line attenuation, from the echo 
impulse response. 

10 

15 

25 

30 

35 

40 

45 

50 

55 

60 

65 

2 
The measured echo impulse response is likewise used as 

the basis for the method according to the invention. The 
method according to the invention for determination of 
parameters for a transmission path in a telecommunications 
system by a transmitting/receiving apparatus having a trans 
mitter and a receiver, having the following steps: transmis 
sion of a transmission signal with at least one individual 
pulse by the transmitter via the transmission path at a 
predetermined transmission power level and at a predeter 
mined baud rate, Sampling of an echo signal in the receiver, 
with the echo signal having at least one echo component of 
the transmission signal from a line start of the transmission 
path and having an echo component of the transmission 
signal from a line end of the transmission path, is distin 
guished by the following steps: shortening of the line start 
echo and of the line end echo by means of a shortening filter, 
calculation of a correlation function from the echo signal 
and from a correlation signal in a correlation function stage, 
calculation of an envelope function for the correlation 
function in an envelope function stage, evaluation of the 
envelope function and production of an output signal as a 
function of the relative timing and amplitude of the line start 
echo and/or of the line end echo in an evaluation stage. 

In this case, the correlation signal may be the transmission 
signal (cross-correlation) or the echo signal (autocorrela 
tion). 
The envelope function for the correlation function is 

preferably calculated with the aid of the Hilbert transforma 
tion of the transmission signal. It is particularly preferable to 
calculate the Hilbert transformation by means of an FFT 
(Fast Fourier Transformation) and an IFFT (inverse FFT). 

In particular, an even-numbered power of the envelope of 
the correlation function is used as the envelope function, and 
the evaluation comprises the determination of maxima of the 
envelope function (for determination of the attenuation) and 
its time coordinates (for determination of the propagation 
time and thus the line length). 

In one particularly preferred embodiment, the shortening 
filter is a differentiator, whose transfer function is: 

where Z is a complex frequency parameter which is defined 
aS 

f .2.7. -- 3. e' ti, 

where f is the sampling frequency of the echo signal and is 
an integer multiple of the predetermined baud rate f. 

In order to make it possible to derive the attenuation of the 
echo directly from the maximum of the envelope, the 
correlation function is preferably normalized with respect to 
the transmission power of the transmission signal. 

In order to reduce the random error in the measurement, 
the transmission signal in a further preferred embodiment of 
the invention has a large number of individual pulses, and 
the echo signals are averaged for each of the individual 
pulses in the transmission signal. 
As an alternative to the values of the echo impulse 

response being recorded from a specific measurement, that 
is to say by periodic transmission of an individual pulse, 
sampling and averaging over a large number of individual 
pulses, the values can also be determined by evaluation of 
the coefficients of any echo compensator which the trans 
mitting/receiving apparatus may have. 
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The corresponding transmitting/receiving apparatus for 
determination of parameters for a transmission path in a 
telecommunications system having a transmitter and a 
receiver is distinguished by a shortening filter for shortening 
the line start echo and the line end echo, a correlation 
function stage for calculation of a correlation function from 
the echo signal and from a correlation signal, an envelope 
function stage for calculation of an envelope function for the 
correlation function, and an evaluation stage for evaluation 
of the envelope function and for production of an output 
signal as a function of the relative timing and amplitude of 
the line start echo and/or the line end echo. 

In this case, the shortening filter may have two differen 
tiator elements, one of which is an element of the transmitter, 
and the other is an element of the receiver. 
The envelope function stage preferably comprises a recur 

sive quadrature network for carrying out a Hilbert transfor 
mation, which quadrature network comprises two digital 
recursive filters. 

In particular, the digital filters are all-pass filters, which 
have an essentially constant phase difference of 90° in a 
predetermined frequency range. 

In an alternative embodiment of the transmitting/receiv 
ing apparatus, the envelope function stage comprises a 
non-recursive filter with linear phase for carrying out a 
Hilbert transformation, by means of which a signal whose 
phase is shifted through 90° with respect to the original 
signal is produced, which signal is used together with the 
original signal in order to produce an envelope function. 

In order to reduce the signal noise and to improve the 
timing accuracy for the evaluation process, the evaluation 
stage is, in a further preferred embodiment, preceded by a 
comb filter of a predetermined order, whose transfer func 
tion is: 

1 1-i Y 
H. (c)=(i. 2. |. 1 - 2 

where Z represents a complex frequency parameter as a 
function of the output frequency, in accordance with: 

.2.7. ---- mf 

and n is the order of the comb filter. 
One advantage of the invention is that the most important 

transmission parameters can be determined by evaluation 
solely of the echo signal which is received at the line start. 
In this case, the line end is preferably left unconnected (open 
circuit). The signal propagation time and the line attenuation 
can be determined. If the wave propagation speed in the 
relevant cable is known, the line length can also be calcu 
lated from the signal propagation time. In the case of jointed 
lines, the position of the joint locations can also be deter 
mined. Further features and advantages of the invention will 
become evident from the following description of exemplary 
embodiments, with reference being made to the attached 
drawings, in which: 

BRIEF DESCRIPTION OF DRAWINGS 

FIG. 1 shows, schematically, the configuration of a trans 
mitting/receiving apparatus (of a transceiver) according to 
the prior art. 

5 

10 

15 

25 

30 

35 

40 

45 

50 

55 

60 

65 

4 
FIG. 2 shows, schematically, the configuration of a trans 

mitting/receiving apparatus with echo compensation accord 
ing to the prior art. 

FIG. 3 shows the echo impulse response for a transmit 
ting/receiving apparatus as shown in FIG. 2 with a 3.5 km 
long line with a diameter of 0.4 mm and a baud rate of 640 
kbaud. 

FIG. 4 shows the echo impulse response for a transmit 
ting/receiving apparatus as shown in FIG. 3, but with a 
quadruple differentiator. 

FIG. 5 shows the echo impulse response for a transmit 
ting/receiving apparatus as shown in FIG.4, magnified 5000 
times. 

FIG. 6 shows the transmission pulse of the differentiator. 
FIGS. 7A and 7B show the cross-correlation function of 

the echo impulse response and transmission pulse for the 
line start and for the line end, respectively. 

FIGS. 8A and 8B show diagrams of the cross-correlation 
function and of the Hilbert transform and, respectively, the 
square of the cross-correlation function. 

FIG. 9 shows a block diagram for the calculation of the 
Hilbert transform from the pulse sequence X(k). 

FIG. 10 shows a block diagram for the calculation of the 
Hilbert transform with the aid of recursive all-pass filters. 

FIG. 11 shows the error of the phase difference of the two 
filters H1(z) and H2(z) from the nominal difference of 90°. 

FIG. 12 shows the square of the envelope of the cross 
correlation function calculated by means of FFT/IFFT and 
by means of a quadrature filter. 

FIGS. 13A and 13B show the line attenuation on a 3.5 km 
long line with a diameter of 0.4 mm and, respectively, the 
spectrum of the differentiated transmission pulse. 

FIG. 14 shows a jointed line. 
FIG. 15 shows the envelope of the cross-correlation 

function for a jointed line. 
FIG. 16 shows one embodiment of the transmitting/ 

receiving apparatus according to the invention for measure 
ment of the echo impulse response. 

FIG. 17 shows a first embodiment of the circuit arrange 
ment according to the invention for evaluation of the mea 
Surement. 

FIG. 18 shows a second embodiment of the circuit 
arrangement according to the invention for evaluation of the 
measurement. 

DETAILED DESCRIPTION 

FIG. 1 shows an arrangement of a digital transmitting/ 
receiving apparatus 1 for receiving and for transmitting data 
via a transmission path 2 according to the prior art. The 
upper branch of the digital transmitting/receiving apparatus 
1 corresponds to the transmitting device, and the lower 
branch corresponds to the receiving device. 
The data (symbols) to be transmitted is filtered in order to 

achieve a specific spectral form, is converted from digital to 
analog form, is amplified and is passed to the transmission 
line 2. For this purpose, the transmitter branch has a trans 
mitter 3, a transmitter filter 4, a D/A converter 5 and a power 
amplifier 6. 
The received signal is tapped off and, after analog/digital 

conversion and reception filtering, is passed to the receiver, 
in which the echo impulse response can be measured when 
an individual symbol is transmitted. For this purpose, the 
receiver branch has a receiver 7, a receiver filter 8 and an 
A/D converter 9. 
The interface between the transmitter branch and receiver 

branch and the transmission path 2 is a hybrid circuit 10, 
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which is located at a line start 2a of the transmission path 2. 
The transmission path 2 ends at a line end 2b, at which a 
corresponding digital transmitting/receiving apparatus is 
located, a Switching center, or to which a further transmis 
sion path is connected. 
The junction between a first propagation medium and a 

second propagation medium is marked by dashed vertical 
lines in the figures. When signals pass from one medium to 
another, the unavoidable differences in the propagation 
conditions in the two media result in reflections, which lead 
to one or more signal echoes. 

These signal echoes are used in order to determine the 
characteristics of the propagation media. For this purpose, a 
test pulse is transmitted and its echo is received, or the echo 
of the actual transmission signal is received and analyzed. In 
the former case, the measurement process is preferably 
repeated periodically, and an averaging process is carried out 
in the receiver, in order to reduce the statistical error in the 
measurement result. 

FIG. 2 shows an arrangement of a transmitting/receiving 
apparatus which differs from the apparatus shown in FIG. 1 
in that it has echo compensation, which is carried out in an 
echo compensator 11. Apart from this, the elements are the 
same, are provided with the same reference symbols, and 
will not be explained once again. In this transmitting/ 
receiving apparatus according to the prior art, the symbols to 
be transmitted are passed both to the transmission stage and 
to the echo compensator 11. The estimated signal which is 
determined in the echo compensator 11 is subtracted in a 
superimposition element 12 from the received signal. The 
echo compensator 11 comprises a non-recursive filter (which 
is not illustrated), whose coefficients are adjusted adaptively 
after the Subtraction formation process, in order to minimize 
the square of the error. After entering the echo compensator 
11, the coefficients of the echo compensator correspond to 
the sample values of the echo impulse response. The accu 
racy in this case depends on the word length of the coeffi 
cients and the adjustment time. Stochastic data is preferably 
transmitted instead of periodic individual pulses for adjust 
ment purposes, as during normal operation. Owing to the 
high residual echo attenuation that is required during opera 
tion with the echo compensator 11, it is thus possible to 
determine the echo impulse response very accurately. 

FIG.3 shows the echo impulse response for a system with 
a 3.5 km long line with a diameter of 0.4 mm, a transformer 
(which is not illustrated) with a main inductance of 2.5 mH. 
and a simple bridge hybrid circuit 10. 
The following text is based on the assumption that a 

transmission signal is transmitted at a symbol rate of 640 
kbaud. The echo impulse response to this transmission 
signal in principle comprises two components, to be precise 
the component which is produced directly at the line start 2a 
(near-end echo) and a component which is reflected from the 
line end 2b (far-end echo). 
The echo impulse response is shown in FIG. 3. This 

shows only the line start echo, since the line start echo is 
Superimposed on the line end echo owing to the long time 
for which it persists. Thus, in the arrangement according to 
the prior art and as shown in FIG. 1 and FIG. 2, it is 
impossible to separate the two components in time. 
The separation of the line end echo from the line start 

echo is made more difficult by the fact that the line start echo 
is reduced by the hybrid circuit 10, while there is no 
influence on the line end echo. Furthermore, the line end 
echo is attenuated by twice the line attenuation, so that 
accuracy problems occur, particularly in the case of rela 
tively long lines. 
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6 
In order nevertheless to make it possible to separate them 

in time, a special filter is, according to the invention, inserted 
in the echo signal branch. This may be a single filter either 
in the transmitter or in the receiver, or a hybrid filter which 
is split between the transmitter and receiver. The function of 
this filter is to shorten the echo impulse response from the 
line start, and this is therefore referred to in the following 
text as a shortening filter. 
As will be described in the following text, the shortening 

filter is used to separate the line end echo from the line start 
echo. The desired parameters for the transmission path 2 can 
then be determined by evaluation of the timing and ampli 
tude of the line end echo. 

FIG. 16 shows one embodiment of the transmitting/ 
receiving apparatus according to the invention, with a short 
ening filter. In FIG. 16, the shortening filter is a hybrid filter 
with a first differentiator 18 as an element of the transmitter 
branch, and a second differentiator 19 as an element of the 
receiver branch. 
The echo shortening filter has the following transfer 

function: 

where Z is the complex frequency parameter which is 
defined as 

where f is the sampling frequency of the shortening filter. 
This must be an integer multiple of the baud rate (symbol 
rate) at which the transmission signal is transmitted, that is 
to say the following must be true: 

f = wift. 

In this case, in the simplest case, w=1. 
The shortening filter thus represents an n-tuple differen 

tiator with the sampling frequency 
f = wift. 

FIG. 4 shows the corresponding echo impulse response 
with a quadruple differentiator with the sampling frequency 
being: ff, (w=1). This clearly shows the influence of the 
differentiator on the length of the echo impulse response. In 
this case, it should be noted that the transmission pulse is 
first of all lengthened in time. The length of the transmission 
pulse is: 

where T is the symbol duration. 
Owing to the severe attenuation of the line end echo, the 

line end echo of the echo impulse response can likewise not 
be seen in FIG. 4. 

FIG. 5 thus illustrates the echo impulse response once 
again, magnified 5000 times. This illustration clearly shows 
the component of the impulse response from the line end. 

In order to measure the signal propagation time and, from 
this and with a knowledge of the propagation speed of the 
signal in the medium of the line length, it is necessary to 
accurately determine the delay in the impulse response from 
the line end in comparison to the transmission pulse. The 
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start of the impulse response from the line end cannot, in 
general, be determined as easily, however, since corruption 
can occur owing to the sever attenuation. It is thus worth 
while determining the time of the start of the impulse 
response from the line end on the basis of the correlation 
function of the echo impulse response with the transmitted 
transmission pulse. 

FIG. 6 shows the transmission pulse of the quadruple 
differentiator with the sampling frequency fif, with four 
sample values of each signal being considered at the output 
of the differentiator. This corresponds to a sampling fre 
quency for the echo impulse response of f 4'f. The 
amplitude is in this case normalized Such that it corresponds 
to the actually transmitted transmission power. 

The cross-correlation function for the echo impulse 
response with the transmission pulse is shown in FIGS. 7A 
and 7B. In this case, FIG. 7A shows the correlation of the 
transmission pulse with the echo impulse response from the 
line start, and FIG. 7B shows the correlation of the trans 
mission pulse with the echo impulse response from the line 
end. 

In this case, the cross-correlation function for two numeri 
cal sequences X and y is defined as 

and X and Y are the values of the transmission pulse and, 
respectively, of the echo impulse response from the line end. 

In order to determine the signal propagation time, the 
timing and the absolute delay of the local maximum in the 
cross-correlation function between the echo impulse 
response and the transmission pulse must now be deter 
mined for the line start 2a and for the line end 2b. 

If, in contrast, the aim is to determine only the propaga 
tion time, then the autocorrelation function of the echo 
impulse response may also be used instead of the cross 
correlation function. The autocorrelation function for the 
numerical sequence X is in this case defined as follows: 

1 W 

AKF(k) = x X x Xx . 
K=0 

where X are the values of the echo impulse response from 
the line end. 

Owing to the propagation time distortion on the line, and 
if there is any reflection at the line end, it may not always be 
possible to locate the actual maximum with Sufficient accu 
racy. This is particularly difficult in the case of a jointed line, 
in which multiple reflections occur so that it is necessary to 
find the timings of two or more maxima. 

In one preferred embodiment of the invention, rather than 
using the cross-correlation function or the autocorrelation 
function itself, its envelope or the square of the envelope is 
used in order to locate the maximum better. 

The envelope of a pulse x(t) can be determined as follows: 

In this case, H(X(t)) denotes the Hilbert transform of the 
pulse x(t). 
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8 
For simplicity, the square of the envelope can be used for 

evaluation of the echo pulse from the line end: 

FIGS. 8A and 8B show auxiliary functions for the 
example used so far of a line with a length of 3.5 km and a 
diameter of 0.4 mm, recorded using a symbol rate of 640 
kbaud and a differentiator for which n=4 and w=1. FIG. 8A 
shows the cross-correlation function of the transmission 
pulse and the echo pulse from the line end, as well as their 
Hilbert transform. 

FIG. 8B shows the square of the corresponding envelope. 
The timing of the maximum of the envelope corresponds to 
the echo propagation time from the line end. The line 
propagation time is obtained by halving the echo propaga 
tion time, since the line is passed through twice. 

It is obvious that the maximum can be determined more 
easily in FIG. 8B than in FIG. 8A. 

If the cross-correlation function is normalized with 
respect to the transmission power of the transmission pulse, 
then the attenuation of the echo can be derived directly from 
the maximum of the envelope. The line attenuation in this 
case corresponds to half the echo attenuation: 

an-5-log(e(t)), 

where a is the attenuation and e(t) is the value of the 
envelope at its maximum t. 

If a hybrid circuit is not used for the measurement of the 
echo impulse response, the line attenuation can be deter 
mined from the autocorrelation function for the echo 
impulse response. Otherwise, the line attenuation can be 
determined only by means of the cross-correlation function 
for the transmission pulse and the echo pulse from the line 
end. 

The Hilbert transform can be calculated in various ways. 
Three options are described in the following text. 

In a first preferred embodiment, which is illustrated in 
FIG. 9, the Hilbert transform is calculated with the aid of 
Fourier transformations, that is to say by means of FFT and 
IFFT (Fast Fourier Transformation and inverse FFT). Using 
X(k) as sample values of the cross-correlation function, the 
complex frequency values X(i) are in this case obtained by 
means of a Fourier transformation (in particular FFT) which 
is carried out in an FFT stage 13. The frequency values are 
then multiplied in a multiplication stage 14 by the imaginary 
unit j. Finally, the Hilbert transform H(X(k)) of x(t) is 
obtained with the aid of an inverse Fourier transformation 
(in particular an inverse FFT, IFFT), which is carried out in 
an IFFT stage 15. 

In a second preferred embodiment, the Hilbert transfor 
mation is calculated using recursive all-pass filters, in par 
ticular with the aid of a recursive quadrature network. In this 
case, the values of X(k) are passed to two digital recursive 
filters 16 and 17 with the transfer functions H1(z) and H2(z), 
respectively. The two filters are all-pass filters, which there 
fore do not influence the magnitude of X(k). The two filters 
16 and 17 (H1(z) and H2(z)) are designed so as to produce 
a constant phase difference of 90° in the frequency range of 
interest. 

The two filters produce a constant signal delay time, 
which must be taken into account when determining the line 
propagation time from the timing of the maximum of the 
envelope. 

In one preferred embodiment, the two all-pass filters 
respectively have the transfer functions: 
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H. (3) = as .: + a z + as z + az. z + a z + ao 
is as 5 a... 4 a...: 3 a... 2 a... 1 a 

and 

H2(3) bs z + b : + b3. z + b ...’ + bi z + bo 
2. 2 bo. 35 -- b. 3 + b .33 + b .32 + b .. 3-1 + bs 

with the coefficient vectors 

0.067525 -0.067525 

0.303232 0.303232 

-O-4701.74 0.4701.74 
C and b = 

- 1.18844 - 1.18844 

0.499867 -0499867 

1 1 

This results in a sequence of values y(k) at the output of 
the first filter 16, and the Hilbert transform H(y(k)) is 
available at the output of the second filter 17. 

FIG. 11 shows the error in the phase difference of the 
filters 16 and 17 from 90° plotted against the frequency. This 
error is essentially constant and fluctuates only slightly 
about the Zero value. 

For comparative purposes, FIG. 12 shows the envelope as 
calculated using the Fourier transformation and inverse 
Fourier transformation, alongside the envelope calculated 
using the quadrature filter. 

The envelope which is calculated using the quadrature 
filter has a delay of about one symbol period in comparison 
to the envelope calculated using the Fourier transformation 
and inverse Fourier transformation. This delay time must be 
taken into account when determining the signal propagation 
time. 

In a third preferred embodiment, the Hilbert transform is 
calculated using a non-recursive filter with linear phase. The 
original sequence of the values X(k) is in this embodiment 
passed to a non-recursive filter, which shifts the phase 
exactly through 90° for a constant signal propagation Lime. 
The frequency response for which the amplitude remains 
constant at the value 1 can be maintained only approxi 
mately. The signal filtered in this way and the signal X(k-V) 
which has been delayed by the constant delay time of the 
filter are processed further. 

FIG. 13A shows the theoretical line attenuation of the line 
from the examples used so far, with a length of 3.5 km and 
a diameter of 0.4 mm. 

FIG. 13B shows the corresponding signal spectrum for 
the transmission pulse after the quadruple differentiator. The 
maximum in the signal spectrum occurs at the frequency of 
285 kHz. The line attenuation is in this case 49 dB. 

In the following text, this is compared with the values 
from the calculation of the envelope. The maximum of the 
square envelope in FIG. 12 is 2.8-10'. The attenuation is 
thus: 

This value provides a very good match with the theoreti 
cal line attenuation of 49 dB. 

Furthermore, FIG. 12 shows a delay of 23.25 symbol 
intervals for the envelope. This corresponds to a signal 
propagation time of: 
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23.25 6 Signal propagation time = 0.64 10° S = 36.33 us. 

The line propagation time is thus 18.165 us. On the 
assumption that the wave propagation speed in the cable is 
65% of the speed of light, that is to say v=195,000 km/s, the 
line propagation time of 18.165 us corresponds to a cable 
length of 

Line length=195000-18.165-10 km=3.54 km. 

This value also provides a very good match with the line 
length of 3.5 km in the example. 
The maximum in the transmission spectrum must be 

varied appropriately in order to determine the line attenua 
tion for different frequency values. This can be influenced by 
appropriate adjustment of the symbol rate (in our example 
640 kbaud) or else by the choice of the parameters for the 
differentiator (degree, value of w) If, by way of example, a 
differentiator is chosen for which n=12, then the maximum 
in the signal spectrum occurs at 307.5 kHz. A line attenu 
ation of 50.3 dB occurs at this frequency. If the envelope of 
the cross-correlation function is evaluated, we obtain a value 
of 50.1 dB, which once again provides a very good match 
with the actual value. 
The method according to the invention is not restricted to 

homogeneous lines. It can also approximately determine the 
position of joint locations that exist in a jointed line. A 
jointed line such as this is shown in FIG. 14. This is 
composed of two sections 2 between the “line ends' 2b, 
which are once again marked by dashed vertical lines. In this 
case, it is assumed that the first section has a length of 2.5 
km and a diameter of 0.4 mm, while the second section has 
a length of 2 km and a diameter of 0.6 mm. 

FIG. 15 shows the envelope of the cross-correlation 
function for a transmission pulse and the echo pulses. This 
clearly shows the timing of the two reflected echo pulses 
from the two line ends 2b. The propagation time for the first 
pulse is 17 symbol intervals, and that for the second pulse is 
29.25 symbol intervals. On the assumption that the wave 
propagation speed is 65% of the speed of light, this results 
in distances of 2.59 km and 4.46 km. In this case as well, the 
line length and the position of the joint can thus be stated 
with relatively high accuracy (error <5%). 

In Summary, the method according to the invention com 
prises, as its major components, the modification of the (as 
far as possible broadband) transmission and reception filters, 
the differentiation (either only in the transmitter or only in 
the receiver or split between the transmitter and receiver) as 
well as the measurement of the echo impulse response, in 
which case the measurement may comprise either the aver 
aging of the periodically received echo impulse response or 
the direct reading of the coefficients of the echo compensa 
tor. (Impulse responses can also be measured using a higher 
sampling frequency than the symbol rate by appropriate 
choice of the sampling phase in the receiver with respect to 
the sampling phase of the transmission signal). 
The further processing and evaluation of the echo impulse 

response are preferably carried out with the layout shown in 
FIG. 17, in which the echo impulse response as well as the 
transmission pulse are fed into a cross-correlation stage 20, 
in which the cross-correlation function is calculated for the 
echo pulse and for the transmission pulse (alternatively, the 
autocorrelation function is calculated for the echo pulse). In 
order to determine propagation times more easily, the square 
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of the envelope of the cross-correlation function or of the 
autocorrelation function is calculated in the Subsequent 
envelope function stage 21 with the aid of Hilbert transfor 
mation, with the Hilbert transform being formed in the 
Hilbert transformation stage 22, and the square of the Hilbert 
transform from the line start 2a and the line end 2b being 
formed in a respective quadrature element 23. The two 
output signals from the quadrature elements 23 are added in 
a second Superimposition element 24 and, finally, are fed 
into an evaluation stage 25 for evaluation of the envelope. 
The evaluation of the envelope comprises determination of 
the maximum values of the echo from the line end, from 
which the line attenuation is obtained, and the determination 
of the timing of the echo from the line end, from which the 
line propagation time and thus the line length are obtained. 

FIG. 18 shows an embodiment of the circuit arrangement 
in which signal noise is Suppressed better, and the accuracy 
for the evaluation process is better than that shown in FIG. 
17. This improvement is achieved by means of an interpo 
lation filter 26 upstream of the evaluation stage 25. 
The envelope function determined using the sampling 

frequency wif, is passed after the quadrature elements 23 to 
the filter stage 26, which represents a low-pass filter which 
Suppresses relatively high frequency interference compo 
nents downstream from the quadrature elements 23. Fur 
thermore, the time resolution can be improved by appropri 
ate choice of the sampling frequency of the filter. For 
practical implementation, it is worthwhile choosing an inte 
ger multiple mf of the sampling frequency of the input 
signal for the sampling frequency f. at the output of the 
interpolation filter 26. 

These conditions are satisfied particularly well by a comb 
filter. If the sampling rate is increased by m times, this 
results in the interpolation filter having the following trans 
fer function: 

1 - 1 

H. (c)=(i. 1 - 2 

In this case, Z represents the complex frequency parameter 
corresponding to the output frequency 

where n is the order of the comb filter. 
The input frequency of the comb filter 26 is thus f, while 

the input frequency of the evaluation stage 25 (output 
frequency of the comb filter 26) is mif. 

While this invention has been described in terms of 
several preferred embodiments, there are alterations, per 
mutations, and equivalents which fall within the scope of 
this invention. It should also be noted that there are many 
alternative ways of implementing the methods and systems 
of the present invention. It is therefore intended 
The invention claimed is: 
1. A method of determining at least one transmission path 

parameter, based upon an echo signal corresponding to a 
transmission signal, the echo signal having a line start echo 
component and a line end echo component, the method 
comprising the steps of 

filtering to reduce a length of at least one of the line start 
echo component and the line end echo component; 
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12 
calculating a correlation function based on the echo signal 

and a correlation signal; 
determining an envelope function for the correlation 

function; 
evaluating the envelope function; and 
generating an output signal based upon the envelope 

function, the output indicative of at least one transmis 
sion path parameter. 

2. The method of claim 1, wherein the step of calculating 
the correlation function further comprises employing the 
transmission signal as the correlation signal. 

3. The method of claim 2, wherein the step of calculating 
the correlation function further comprises: 

normalizing the transmission power of the transmission 
signal. 

4. The method of claim 1, wherein the step of calculating 
the correlation function further comprises employing the 
echo signal as the correlation signal. 

5. The method of claim 1, wherein the step of determining 
the envelope function further comprises performing a Hil 
bert transformation. 

6. The method of claim 5, wherein performing the Hilbert 
transformation further comprises; 

performing a Fast Fourier Transformation; and 
performing an Inverse Fast Fourier Transformation. 
7. The method of claim 1, wherein the step of generating 

the output signal further comprises determining at least one 
time coordinate of the envelope function; and 

generating an output indicative of the at least one time 
coordinate of the envelope function. 

8. The method of claim 1, wherein the step of generating 
the output signal further comprises: 

determining at least one maximum of the envelope func 
tion; and 

generating an output indicative of the at least one maxi 
l 

9. The method of claim 1, wherein the step of generating 
the output signal further compnses: 

determining a plurality of maxima of the envelope func 
tion; 

determining a plurality of time coordinates of the enve 
lope function; and 

generating an output indicative of the plurality of maxima 
and the plurality of time coordinates of the envelope 
function. 

10. The method of claim 9, wherein the step of determin 
ing the envelope function comprises: 

calculating an envelope function that is a square power of 
the envelope of the correlation function. 

11. The method of claim 1, wherein the step of filtering 
further comprises filtering to reduce the length of the line 
start echo and filtering to reduce the length of the line end 
echo. 

12. The method of claim 1, wherein the step of filtering 
comprises the step of: 

shortening the line start echo with a differentiator having 
a transfer function defined by the equation 

where Z is a complex frequency parameter defined as 

.2.7. --- mf 
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where f is the sampling frequency of the echo signal and is 15. The apparatus of claim 14, wherein the shortening 
an integer multiple of a predetermined baud rate. filter comprises: 

13. The method of claim 1, wherein the echo signal a first differentiator operably connected to the transmit 
comprises a plurality of echo pulses, and wherein the step of 
calculating the correlation function for the echo signal 5 
comprises the step of: 

averaging the plurality of echo pulses. 

side of the transceiver; and 
a second differentiator operably connected to the receive 

side of the transceiver. 

14. An apparatus for determining at least one transmission 16. The apparatus of claim 14, wherein the envelope 
path parameter of a transceiver having a transmit side and a function stage comprises: 
receive side, the apparatus comprising: 10 a recursive quadrature network having a first and a second 

a shortening filter operably connected to the transceiver to digital recursive filter. 
shorten aspects of an echo signal; 

a correlation function stage operably connected to the 
receive side to correlate the echo signal and a correla 
tion signal; 

an envelope function stage operably connected to the 
correlation function stage to calculate the envelope of 
the correlation signed; and 

an evaluation stage operably connected to the envelope a non-recursive filter with linear phase. 
function stage to generate an output signal, indicative 20 
of at least one transmission path parameter. k . . . . 

17. The apparatus of claim 16, wherein the first and the 
second digital recursive filter each comprise an all pass filter 
having a phase difference of about 90 degrees in a frequency 
band comprising the frequency of the echo signal. 

18. The apparatus of claim 14, wherein the envelope 
function stage comprises: 


